This paper presents an efficient and fairly accurate approximation method for a loss system having two types of calls and three types of server groups. In this model, two types of calls arrive at the individual server group for each call type. If an arriving call fmds all the servers of a corresponding group busy, the call overflows to a common server group. If the overflowed call again fmds all the common servers busy, the call is lost. This model is constructed around a telephone based ticket reservation system, as well as around integrated services digital net. works which will be introduced in the near future. By approximating the overflow process using an interrupted Poisson process (lPP), the main problem is reduced to solving a queueing model with a common server group having two independent lPP inputs with different mean service times. The proposed method makes it possible to compute loss probabilities in a far shorter time as compared with the exact method employing the lumping method. The accuracy of the results is shown to be sufficiently good for practical use carrying out numerical experiments.
Introduction
This paper presents an efficient and fairly accurate approximation method for a loss system accommodating two types of customers or calls. The system was first analyzed in detail by Sato and Mori [9] . Their model was constructed around a telephone based ticket reservation system for an airlines company. In the system, two types of reservation calls are received and answered by reservation clerks. A call is either for domestic travel or international travel. The clerks are divided into three groups: for domestic service, international service, and capable of handling both services. The call first arrives at the location of the corresponding reservation clerks.
If all the clerks are busy, the call overflows to the location of well-trained clerks who can handle both types of calls. If all the well-trained clerks are also busy, the call IS lost. The mean service times for calls may differ between both call types and clerk types. 163 In their investigation, in order to get the exact numerical values of the steady-state probabilities, they used the lumping method, which was originally proposed and applied to a GI/G/C queueing system [11] . The lumping method, as reported by Sato and Mori [9] , makes it possible to calculate steady-state probabilities within a reasonable computation time for a rather small system, but a longer computation time is required if the number of clerks or servers becomes larger.
To overcome this drawback, IPPs (Interrupted Poisson Processes) devised by Kuczura [4] are introduced to approximate overflow processes from loss systems. The overflow from the clerks for domestic service is well app~oxi mated with another IPP. Thus, the problem is reduced to solving a queueing model containing only connnon well-trained clerks having two IPP inputs and different mean service times.
Several studies have recently been made on queueing models having multiple IPP input streams in connection with the traffic design of telephone networks and packet switched networks [5, 6, 7, 8, 10, 12] . All of these studies, however, concentrate on cases where the mean service times of all calls are the same, and little attention has been paid to the cases where the IPPs or overflow inputs have different mean service times. If calls types are different, their mean serV1ce times would be different under actual conditions. The present model, centered around a loss system having two IPP inputs with different mean service times, includes the case where one of the inputs is Poissonian. Even this simplified model does not appear to have been studied yet.
The present model appears to be useful for the traffic design of an ISDN (Integrated Services Digital Network) scheduled to be introduced in the near future. In the initial stage of ISDN development, it is difficult to accurately forecast demand for individual new communication services. To alleviate this problem, resources such as transmission lines or memory storage, should be shared between different call types for economy, and it is felt that the present model will provide a good evaluation of loss probability in the system.
In the next section, an exact model and approximation model are described.
In Section 3, steady-state equations are obtained for the approximation model and a numerical method is proposed fo~ solving the equations. In Section 4,
Call type 2 [9] . Even in their approach, however, much time is required for computing the steady-state probabilities.
Recently, IPPs are being increasingly used to approximate overflow processes from loss systems. An IPP is a process which is alternately turned on for an exponentially distributed timE' and then turned off for another exponentially and independently distributed time. Therefore, an IPP has three parameters. The present paper also introduces IPPs for approximating the overflow processes from SI and S2. This approximation makes it possible to treat the servicing process at S independently from servicing processes at S1
and S2. Let IPP k denote the IPP for call type k (k=1,2). The servicing process at Sk is stochastically equivalent to that in an M/M/Sk/S k loss model, and the overflow probability is easily obtained using Erlang's loss formula.
Thus, the servicing process at S is approximated by a model having two IPP inputs with different mean service times. This is shown in Fig. 2 . When
Call type 1 Switch [3] . The three parameters included in an IPP are determined as follows. We consider fictitious infinite servers, to which an exact overflow process or an IPP is fed. The first three moments of number of calls in the ficti.tious servers are calculated for the two input processes, and the matching of these three moments produces the three IPP parameters. The number of states in the approximate model for S is M=2(S+1)(S+2). The loss probability in the original model is approximated by the loss probability in the approximate model for S. An iteration scheme is shown below, in which r is the over~relaxatioll factor. The Gauss-Seidel method is the special case of r=l. Whether an optimal r value can be obtained depends on both the model structure and rload factor. Thus, it is difficult to select an optimal r value analytically.
State Equations and Numerical Solution Methods
However, it is observed that over-relaxation with r~I.3 is often faster than simple Gauss-Seidel iteration [1] . At e,ach step in the following equations, k-th iterative values should be normalized by using Eq. (3.7).
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If type 1 calls arrive at S by a Poisson process, omit Eqs. (3.10) and (3.11) (k) and put p . . 0 =0.
~J n
There exist several possible convergence criteria for stopping the iteration. For example, for a sufficiently small £>0,
where summation covers all possible
states (i,j,m,n).
In the present paper, criterion (a) is adopted.
Performance Measures and Numerical Results
The loss probabilities for the original model shown in Fig. 1 can be obtained by using the steady~state probabilities obtained in Section 3 and Erlang's loss formula.
Let Bl and B2 be the loss probabilities for call types 1 and 2, respectively, in the approximation model for the S servers in Fig. 2 . Then, Bk is equal to the conditional probability that the S servers are all busy under the condition that the switch for IPP k is in the on state (k=1,2).
where Ri is the probability that the switch for IPP k is in the on state; namely,
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Loss System with Two Types of Calls The overflow probability B~, k=1,2, from the Sk server is given by Er1ang's loss formula (4.5) where a = >. I"' and
Hence the loss probability P k for call type k in the original model is given by (4.7) A single loss probability is sometimes required as a characteristic quantity of the model. In that case, th,: average of P 1 and P 2 is taken.
There are two approac~es to taking this average [2] .
One way is to take the average using the arrival rates of individual call types as weights. Thus, the first average loss probability Pt is given by (4.8) This loss probability represents the per':entage of lost calls.
The second way is to take the average using the offered traffic intensities of individual call types as weights. However, in the present model, the traffic intensity for each call type is not always clearly defined. This is because mean service times are different for the Sk server (k=1,2) and S server. Here, let traffic intensities be determined by the Sk server (k=1, 2) which serves only type k calls. Thus, the second average loss probability, denoted as Pe' is given by (4.9 ) P e This probability represents the percentage of lost traffic intensity.
The values Pt and Pe will differ, except when ll; = lli. Which performance measure a system designer should use as a global criterion depends on his area of interest.
Numerical results are shown in Tables 1 and 2 . In both tables, the approximate values are obtained by the present method using r=1.3 and g=10-s .
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The exact values represent the results obtained by the method reported on Sato and Mori [9] . In the case of 5=0, the loss probabilities are obtained by using only Erlang's loss formula. Therefore, this approximation method gives exact results. Since IPP accurately represents the overflow process from a single server loss system, for the cases of 81~1 and 82~1, this approximation method also gives exact results. In the other cases in Tables 1 and 2 , the approximate values agree fairly well with the exact values. The differences between the two sets of values are smaller than 10-4 for almost all cases.
In the lumping method proposed by Sato and Mori [9] , the total states are partitioned into ( (ii) Queueing models having loss discipline and delay discipline with a finite waiting room, which may be useful in a hybrid transmission system, e.g. integrated voice and data system.
Moreover, explicit and neat approximation formulas are desired for broader use in the practical traffic design of an ISDN. This is one area where further studies are required. 
